II DTMF AND R2 SIGNALIZATIONS
In order to make possible interoperability between different networks and between equipment of different manufacturers, the International Telecommunication Union (ITU-T) has been defined a number of standards, known as the Recommendations, which are published after Plenary Assemblies of ITU-T. There are two sets of standards: DTMF standards [1, 2] specifying multifrequency signalization between telephone sets and offices, and R2 standards [3, 4] specifying signalization between telephone offices.
II.1 DTMF signalization
The key technical requirements for the sending and receiving part of DTMF signalization in telephone equipment are defined in ITU-T Recommendations Q.23 [1] and Q.24 [2] . In the sending part, two frequencies are generated, and they are received and detected in the receiving part. Since there are two groups of four frequencies (low and high), 16 valid frequency combinations are obtained, which are presented in Table I 
Besides this table of frequencies, the Recommendations [1, 2] specify that the decoders are required to detect the frequencies within a tolerance of ± 1.5% ± 2 Hz, and not to detect tones that are offset more than ± 3.5%. The receiver is required to operate within power levels from -2 dBm to -27 dBm and not to operate below -36 dBm. The receiver is also required to detect DTMF signals when two frequencies have different levels (twist) of maximum 6 dB.
The recommendations also specify time constraints for the duration of pulses and pauses that should be recognized or not. The disturbing signals that shouldn't be decoded are also specified. Finally, since DTMF signaling system must work in the presence of speech, the decoder can falsely recognize at most 46 digits during 100 hours of speech at mean level of -12 dBm.
II.2 R2 signalization
The technical requirements for the sending and receiving part of R2 signalization in telephone equipment are defined in ITU-T Recommendations Q.454 [3] and Q.455 [4] . In the sending part, two frequencies out of possible six are generated, and they are received and detected in the receiving part. There are at most 15 valid frequency combinations, which are presented in [3, 4] specify that the decoders be required to detect the frequencies within a tolerance of ± 10%. The receiver is required to operate within power levels from -5 dBm to -35 dBm. The receiver is also required to detect R2 signals when two frequencies have different levels (twist) of maximum 5 dB for adjacent frequencies and 7 dB for nonadjacent frequencies.
The recommendations also specify time constraints for the recognition of pulses and pauses. The disturbing signals that shouldn't be decoded are also specified.
III EXISTING SOLUTIONS

III.1 Filtering approach
The filtering approach is the conceptually the simplest method for multifrequency detection. The composite signal is usually first filtered by a pair of lowpass/highpass filters and then by a set of bandpass filters as shown in Figure 1 [5] . The lowpass/highpass group filters divide the composite signal into low and high group in the case of DTMF and into forward and backward signals in the case of R2. The number of bandpass blocks depends on the number of frequencies in each of the ranges (2×4 blocks for DTMF and 2×5 or 2×6 blocks for R2). The filters used in this approach can be realized as IIR [5] , or FIR filters [6, 7] . In the case of IIR realization, the group filters are usually realized as 4th or 6th order elliptic filters, while bandpass filters can be simpler 2nd or 4th order Butterworth filters. In the case of FIR realization, the group filters are not used, but bandpass filters should be of high order, typically greater than 30.
Due to very high computational complexity, these filters are usually implemented in hardware. Modern tone detection schemes do not use this approach, since it is not suitable for detection of tones in multiple PCM channels.
III.2 DFT approach
The DFT approach is also conceptually very simple. A block of samples should be taken, and its Discrete Fourier Transform should be found for a set of frequencies used in signalization. Since the number of frequencies is small, the use of Fast Fourier Transform algorithms is not suitable. It is known that the most efficient way to find DFT for small number of frequencies is the use of Goertzel's algorithm [8, 9] . The Goertzel's algorithm is based on the use of special second-order cell, which uses signal samples as input and gives the DFT coefficients as its output.
The operation of the Goertzel's algorithm is described by two difference equations:
are samples of input PCM signals, N is length of the block, and k ω is the k-th DFT sample.
The block diagram of the Goertzel's algorithm is presented in Figure 2 . The first equation represents the recursive part of the Goertzel's algorithm (on the left side of dashed line), and it is executed for every input sample, e.g. at sample rate of 8 kHz. The second equation represents the nonrecursive part, and can be executed at N times lower sample rate since:
Therefore, the number of operations for the computation of one DFT sample is N+2 real multiplications and 2N+1 real additions. The main drawback of this approach is in the fact that frequency bins of a true DFT are evenly spaced:
(4) where N is the length of the block. In general, the DTMF frequencies do not coincide with frequencies at which DFT is computed. These differences can be made small by choosing large value of N, which is the only free parameter. But, two conflicting criteria should be satisfied. N must be small enough to satisfy time constraints for the detection, and it must be long enough to enable discrimination of DFT samples. Since it is impossible to choose the value of N for which the DFT frequencies exactly coincide with all DTMF or R2 frequencies, it is needed to find the optimal values for N and for set of k, to make these errors smallest. In the best case [8] , these errors remain in the range of 2% of the center frequencies.
This approach was used in many practical implementations of multifrequency tone detectors based on digital signal processors, although it cannot satisfy all requirements in frequency or in time domains, especially in the DTMF detection [8] .
III.3 Modified Goertzel's algorithm
The main problem of the Goertzel's algorithm was the difference between the frequencies at which DFT is computed and the frequencies used in DTMF and R2 signalization systems. This drawback was solved in so called Modified Goertzel's algorithm, first proposed in [10] . Instead of using DFT frequencies k ω defined by (3) in (1) and (2), the authors of [10] applied the true DTMF or R2 frequencies to define multiplier coefficients in (1) and (2) and in Figure 2 . The results of this modification are very good. The center frequencies of Goertzel's cells are coincident with DTMF or R2 frequencies, so that there are no system errors in the computations of tone amplitudes. Further, the value of N can be chosen smaller, so time constraints can be easier satisfied. In fact, the lower limit of N is determined by the acceptable signal to noise ratio of DFT coefficients, and for sampling frequency of 8 KHz, N = 106 was found to be acceptable in [10] .
The number of operations per one DFT sample is given by the same formulas as in original algorithm, e.g. N+2 real multiplications and 2N+1 real additions, but in this case N is about two times smaller.
III.4 SB-NDFT algorithm
Further improvement in tone detection algorithms was achieved in Subband Nonuniform Discrete Fourier Transform algorithm [12] . This algorithm is based on the fact that all useful frequencies in DTMF and R2 algorithms are below 2 KHz, what permits subband decomposition and the use of two times lower sample rate (4 KHz). A simple way to get lowpass subband decomposition sequence ] [n g is to average successive samples in original sequence:
By this addition and decimation by 2, the spectrum of original signal at normalized digital frequency k ω is:
The best way to compute the value of
is to use the Modified Goertzel's algorithm described in III.4, but using two times lower sample rate at the input. It should be noted that the Goertzel's cells should be tuned to twice higher normalized frequency ) 2 ( k ω because of decimation of input signal. The block diagram of SB-NDFT algorithm is shown in Figure 3 . The quality of signal detection is the same as in Modified Goertzel's algorithm, but the number of arithmetic operations is almost halved. In DTMF detection, the number of operations needed to obtain all eight DFT samples is (4N+16) real multiplications and (8.5N+8) real additions. 
IV NEW APPROACH
The use of SB-NDFT permits the most efficient detection of DTMF signals up to date. But, the use the same concept for R2 signal detection is not possible. Namely, although all of R2 tone signals are below 2 KHz, some of possible disturbing frequencies are located above 2 KHz, and they are not sufficiently attenuated by averaging. Therefore, the decoding system for R2 signalization based on SB-NDFT cannot satisfy all requirements proposed in [3, 4] .
In order to make possible use of modified Goertzel's cells at halved sample rate of 4 KHz in the decoding of R2 signalization, some new solution for decimation stage should be found, which has better attenuation of frequencies higher than 2 KHz and which is still computationally efficient. To satisfy the specifications in frequency domain, the transfer function of this IIR filter must be of seventh order. An efficient way to realize this filter is to use the lowpass part of multirate IIR QMF filter bank [14, 15] . The block diagram of the new algorithm is shown in Figure 4 , while the structure of filtering and decimation stage is presented in Figure 5 . The lowpass part of IIR QMF filter bank, shown in Figure 5 , consists of two all-pass branches working at one half of original sampling frequency. Its transfer function can be expressed as:
where ) ( 2 0 z A and ) ( 2 1 z A are all-pass filter function realized using half-band IIR filters. It is interesting to note that this filter has only three real multipliers and ten adders, all working at half of sampling frequency. Therefore, this realization requires only 1.5 multiplies and 5 additions per input sample.
The total number of arithmetic operations is moderately higher than in SB-NDFT approach. The complete realization of eight frequencies DTMF decoder requires (5.5N+16) real multiplications and (13N+8) real additions per block. This should be compared with (4N+16) real multiplications and (8.5N+8) real additions in SB-NDFT approach, or with (8N+16) real multiplications and (16N+8) real additions in Modified Goeortzel's approach. But, the big advantage of new approach is that it can be used for both DTMF and R2 signalization, while SB-NDFT and Modified Goertzel's approach cannot be used for R2 decoding.
V EXPERIMENTAL RESULTS
The proposed algorithm for DTMF and R2 signal detection was simulated in Matlab programming environment, and a series of tests was performed.
Preliminary tests for DTMF decoding used artificially created tone signals, which simulate different condition proposed by specifications [1, 2] . Final tests for DTMF decoding have been performed using digital version of special purpose Mitel test cassette CM7291 [17] , which contains recorded real tone DTMF signals as well as real disturbing signals. All performed tests (recognition bandwidth, center frequency offset, twist, dynamic range, time constraints, acceptable signal to noise ratio and influence of speech) passed successfully. It is interesting to note that our algorithm detected only 10 symbols in 30 minutes of condensed speech, although up to 30 false detected symbols are acceptable.
All tests for R2 decoding used artificially created tone signals, which simulate different condition proposed by specifications [3, 4] . All performed tests passed successfully.
Finally, the algorithm was realized on a DSP platform based on TMS320C31 floating-point digital signal processor. It could successfully decode signals from 32 PCM channels in real time, using only on-chip memory. This board is in production and several hundreds of boards are built-in into domestic DKTS telephone exchanges.
VI CONCLUSION
This paper is devoted to problems and existing solutions of detection of dual-tone frequency signalization used in telephone exchanges. A review and discussion of modern approaches was performed. Finally, a new realization is described, which permits detection of both DTMF and R2 signaling tones and which is computationally efficient. The results of simulations and real measurements are presented.
